Introduction
Sound diffusion mechanisms are involved in explaining the behaviour of scattering facings often present in industrial workplaces. To provide tools for better predicting the noise level at the workplace in order to propose the most appropriate acoustic treatments, measurement methods to determine the sound scattering coefficient of wall facings in industrial rooms are necessary. Many methods have been developed both to study the sound diffusion mechanisms and to quantify the various types of sound scattering coefficient.
The standard definition of the sound scattering coefficient is the ratio of the energy reflected outside the specular zone to the total reflected energy. Many other definitions of this coefficient exist in the scientific literature. Cox used a concept given by Schroeder [1] and proposed to quantify the diffusion uniformity by means of the standard deviation of the reflected energy distribution [2] . A similar approach for quantizing the diffusion of periodic surfaces was proposed by Takahashi [3] . Hargreaves [4] proposed a new diffusion uniformity coefficient based on the circular autocorrelation function of the polar reflected energy diagram. The circular autocorrelation function quantifies the similarity between different sections of the polar reflected energy diagram. Angus [5] also defined the spherical harmonics diffusion uniformity coefficient. He uses the fact that every hemispherical distribution of a scattering surface can be decomposed in a set of surface spherical harmonics, by analogy with Fourier analysis.
Further to these definitions, the main methods used to measure the sound scattering coefficient of uneven surfaces depend on the type of incident sound field: a free field or a diffuse field [6] [7] .
The Adrienne method [8] adapted for outdoor surfaces can separate the direct and reflected pulse by time windowing. The correction for spherical spreading of the sound wave by time multiplication of the impulse responses illustrates the originality of the Adrienne method.
The International Organization for Standardization (ISO) published a standard for measuring random incidence scattering coefficients of diffusers in a reverberation room [9] .
The method can be applied on both real-scale sample rooms and on scale-down model rooms.
The proposed measuring technique originates from the Vorländer and Mommertz method [10] .
The method for measuring the autocorrelation diffusion uniformity coefficient has been standardized by the Audio Engineering Society (AES) [11] .
Mommertz [12] proposed to determine the directional scattering coefficient based on polar reflection data, measured or calculated on a semicircle in the case of a single-plane diffuser.
Farina developed a new measurement methodology for measuring both the diffusion uniformity coefficient and the scattering coefficient [13] [14] . In this approach, numerous impulse responses are measured with a single microphone, repeatedly placed in subsequent positions in a straight line parallel to the diffuser.
In the Vorländer and Mommertz method [10] , scattered energy is estimated on the energy loss by coherently averaging impulse responses. It is also possible to estimate this in a free field environment by coherently averaging reflected pulses only.
In this paper, we propose an adaptation of this free field method to determine the sound scattering coefficients of scattering surfaces present in reverberant workplaces. The experimental device used originally for measuring the sound absorption coefficients of flat surfaces in a workshop [15] has been adapted and improved to determine the sound scattering coefficients.
Measurement of the sound scattering coefficient in free field
The sound scattering coefficient is defined as the ratio of the reflected energy outside the specular zone to the total reflected energy:
with  S the solid angle corresponding to the specular zone and  the solid angle corresponding to all the reflected energy (see Fig.1 ).
A loudspeaker and a microphone are positioned in the specular direction under far field conditions. The scattering surface under investigation is fixed to a rotating plate such that measurements can be taken for several orientations (see Fig. 2 ). For an incidence  s of the source and the receiver and for an orientation  i , the reflected sound pressures can be expressed as the superposition of a diffuse and a specular part
The specular sound pressure is obtained for a significant number n of averaged acoustic reflected pressures following the angle  i (i=1…n) the specular part remains coherent with respect to  i  whereas the averaged diffuse part decreases:
In far field conditions, the total reflected energy averaged in the specular direction  s can be expressed by the Fourier transform of the temporal acoustic pressures:
depends on the acoustic power source, as well as the geometrical positions of the source and receiver. The specular reflected energy is also proportional to the square of the modulus of the Fourier transform of the specular acoustic pressure:
By combining equations (3), (4) and (5), we obtain the sound scattering coefficient in a specular direction:
with n>>1
From these various sound scattering coefficients , it is possible to deduce the sound scattering coefficient for random incidence [16] :
In this study, we decided to adapt the Vorländer and Mommertz measurement method described in this paragraph to noisy reverberant conditions in order to determine the sound scattering coefficient of scattering facings in industrial workplaces. To this end, we used an acoustic array with constant frequency directivity [17] as the receiver and an impulsive source
[15]. Our work involved validating this method experimentally for a sample of a sinusoidal surface.
Directive receiving system and impulsive source

Acoustic array using multipolar weighting
A linear array using multipolar weighting has been designed to produce a directivity with a narrow main lobe which is constant in frequency and attenuated side lobes [17] . The directivity of an antenna with a first order multipolar weighting is proportional to . To obtain a narrower directivity, it is necessary to increase the order N of the spatial derivation to reach a directivity varying with . If the antenna comprises 5 sensors, then 4 spatial derivatives must be calculated to obtain a directivity of the form . To eliminate the rear lobe in this kind of directivity, the technique uses the cosine function properties: the N th derivative (cosine to odd powers) and the N-1 th derivative (cosine to even powers) resulting from the successive spatial derivations are odd and even functions respectively. By summing these two functions, the values in the directivity diagram, corresponding to the angles in the - to -/2 and +/2 to + ranges are practically suppressed [17] .
The receiving linear antenna is composed of calibrated microphones with mutual phase mismatches that do not exceed 0.5°. This phase difference is very weak but still enough to cause, at low frequencies, instabilities at the main lobe level. To avoid this problem and to produce a constant level over a wide frequency range, several sub-arrays are used. The final receiving system contains 4 antennae, each using 5 sensors spaced in multiples of 2.5 cm apart. It contains, on the whole, 13 sensors. The spacing between the microphones for each sub-array is 2.5 cm, 5 cm, 10 cm and 15 cm. The array is 60 cm long (Fig. 3 ). Fig. 4 shows, respectively, the theoretical and the experimental directivity diagram produced by the receiving system using multi-polar weighting with a point source placed 1.5 m from the array centre. The experimental diagram is comparable to the theoretical one. The multipolar weighting provides a constant main lobe versus frequency. The secondary lobes are efficiently attenuated by more than 30 dB. The directivity measured is in agreement with the characteristics expected over a wide spectral range extending from 150 Hz to 5000 Hz.
Impulsive source
The impulsive source was generated from the inverse impulsive response of an emission system. This inverse filtering technique was used to calculate the signal source required to equalize the emission system response in order to generate short impulsions. The emission system integrated an equalizer (Yamaha Equalizer GQ 1031 BII), an amplifier (APK 2000) and a 10 cm diameter loudspeaker (Pioneer TS E1077). The emission system transfer function H(f) was measured in free field conditions with a MLS signal source, which was then filtered by the emission system impulsive inverse response and emitted at the input to generate a very short impulse. It is important to note that the emission system impulsive inverse response featured very high low frequency values because the loudspeaker could not emit sound energy in this frequency range. A high pass filter (frequency cut off set to 100 Hz) was therefore necessary to prevent loudspeaker destruction resulting from the excessively high amplitude required by the inverse impulsive response. Table 2 ),
-the acoustic array spatial filtering performance (see Figure 6 b): the background noise has been attenuated more than 30 dB for some octave bands and the Signal-to-Noise
Ratio became widely positive (see Table 2 ).
The system used for these measurements included a gate, an impulsive source and a directive array, as shown in Figures 7 and 8 . For the impulsive source, the MLS signal source filtered by the emission system impulsive inverse response has been so emitted to obtain very short impulses in these noisy and reverberant conditions. The acoustic centres of the source and the antenna were both positioned in specular direction  S as per the Vorländer and Mommertz method. In this specular direction, the directivity of the acoustic array doesn't modify the reflected echoes amplitudes because their propagation direction is so in the middle of the directivity main lobe. For a direction different from the specular one, it would be effectively necessary to take into account the directivity of the array.
This specular direction could of course be adjusted from 0° to 90° on the gate.
The gate could be rotated around the central axis of the scattering surface studied to give acquisitions based on angle . The distances between the source and the diffuse surface and between the receiver and the diffuse surface could be modified in the system. These distances were set to 1.20 m for all the measurements.
The maximum dimension of the sinusoidal sample studied (see Fig. 9 ) was approximately 4.5 m, so these distances were short and both the receiver and source were located in the acoustic near field. Under these conditions, we observed intermittent acoustic pressure amplitudes due to diffusion phenomenon [15] . However, it would have been very difficult for us to ensure far field conditions because the minimum far field distance (MFFD) for the frequency range studied was very large.
The angular variation of  s and  discrete is made by applying 10° increments. Fig. 10 represents the impulsive signal responses received by the central sensor of the acoustic array without multipolar weighting (black curve). We clearly distinguish the source impulsive incident signal, the echo with its time oscillations caused by diffusion phenomenon and the interfering echoes due to reflections from the other wall facings. We notice that acoustic antenna directivity allows attenuation of these interfering echoes and conservation of only the diffuse echoes (grey curve).
As explained in Section 2, the specular sound pressure is obtained for a significant number of sound reflected pressures averaged for  variation. Consequently, a time window W(t) with a sufficiently large width can be used. The applied window is constituted of a first half Blackman-Harris window of short duration (1 ms), followed by a 15 ms wide rectangular window and a final 5 ms half Blackman-Harris (Fig.   12a ). This kind of window has been used for measuring the sound absorption coefficients of flat surfaces in a workshop [15] . This window is systematically placed such that its flat portion begins 0.2 ms before the specular reflected impulse. The first half Blackman-Harris window duration is only 1 ms because for high values  s , the incident impulsion and the specular part of the reflected pressure are very close. Due to this window width, the lower frequency limit is about 59 Hz. The spectrum of such a window is shown in Fig. 12b ; all the measurement results have gone through convolution with respect to this spectral window.
Results
The graphs shown in Fig. 13 represent the variations in sound diffusion coefficient measured by 1/3 octave bands for the sinusoidal surface described above. These measurements were compared with measurements taken in an anechoic room and with those obtained by Pauwels for the same type of surface profile [18] . Our measurements are similar to those of Pauwels.
The specular part of the reflected energy effectively dominates at high angles of incidence with respect to the diffuse part of the reflected energy. In this case, the ratio of specular energy to total energy becomes 1 and measurement is therefore particularly error sensitive as the signals associated with sound incidence and reflection are very similar.
The measurement results for this industrial workshop are similar to those obtained both by Pauwels and in the anechoic room. This enables us to validate the method of sound diffusion coefficient measurement in a reverberating environment. It should be noted that the system was operating in unfavourable conditions in this case, i.e. in the presence of reverberation and a powerful disturbing source near the array. Inter-correlation to obtain the impulse response at each sensor allows us to separate the signal emitted by the source from the noise generated by the machine. This is because these signals are uncorrelated. Array spatial filtering attenuates the disruptive noise and the hall reverberation. Under these conditions, considered excessive, the system allows us to distinguish incident and reflected echoes clearly and thus to measure the sound diffusion of the wall facing under study. During a previous study conducted in 2009 , sound absorption coefficients could be measured in conditions where the signal-tonoise ratio was -10 dB [15].
Conclusions
Our research involves developing a system for measuring in situ the sound scattering coefficient of scattering wall facings in industrial workshops. Our technique is based on the free field method developed by Vorländer and Mommertz. We adapted this method to workplace reverberant conditions by introducing a directive acoustic array and an impulsive source used originally for measuring sound absorption. Experimental results allowed us to test and validate this new system in an industrial workshop [15] . A study of the relationship between the sound scattering coefficient measured and the apparent sound absorption of scattering facings is now required. To the end, measurements in a reverberant chamber are required to estimate this apparent sound absorption (Sabine absorption) for several scattering surface geometries.
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